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Speech recognition technology has many promising applications. The application 
of automatic speech understanding and translation would eliminate language barrier 
of interaction. With the explosive extension and the rapid development of e-business, 
speech recognition technology will provide more convenience in many fields, 
including network meeting, business management, hospital, education, etc. 
With the rapid development of computer technology, large vocabulary speech 
recognition system has been implemented with high accuracy. The corpus selection 
has been changed from a clean environment to a noisy or reverberant environment. 
The research on Speech recognition under the real environment has become a hot 
topic. 
This paper analyzed the impact of the recognition accuracy of three factors: noise, 
reverberation and speaker overlap，based on ICSI courpus. First of all，the paper 
described the structure of speech recognition systems, acoustics models and language 
models, then analyzesd the reverberant signal and reverberant models, presents a 
basic method to eliminate reverberation. Then describes the structure and 
characteristics of ICSI Corpus .Finally, Paper proposed three algorithms to eliminate 
noise, reverberation and speaker overlap and carries out the experiment. When 
passing by spectrum subtraction and long term spectrum subtraction, the accuracy of 
TIDIGIT corpus recognition has improved from 64% to 91%.When passing by 
dominant speaker detection, the accuracy of ICSI corpus recognition rate has 
improved 30%. 
This article combines signal processing and speech recognition technology. The 
innovative points in combining the late reverberant variance estimation and spectrum 
algorithm to achieve denoised and dereverberation. Modify the ICSI corpus by 
dominant speaker detection to avoid overlap speaker affect on model training. 
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第一章  绪论 










1.2  语音识别发展现状 
语音识别的研究工作大约开始于上个世纪 50 年代。1952 年贝尔（Bell）实
验室的Davis等人首次研制成功能识别20个英语数字的实验装置。1956年Olson
和 Belay 等人应用 8个带通滤波器组提取频谱参数作为语音的特征，研制成功一
台简单的语音打字机。20 世纪 60 年代中期形成的一系列数字信号处理方法和技
术，如数字滤波器、快速傅里叶变换（FFT）等成为语音信号数字处理的理论和
技术基础。 
到了 1970 年声纹（Voice Print）识别，即说话人识别的研究开展起来，并
很快达到了实用化的阶段。到了 1971 年，以美国 ARPA（American Research 
Projects Agency）为主导的“语音理解系统”的研究计划也开始起来。 20 世
纪 70 年代初由板仓（Itakura）提出的动态时间规整（DTW）技术，使语音识别
















后来在语音信号处理的多个方面获得巨大成功；20 世纪 70 年代末，Linda、Buzo、























1.3  语音识别分类 
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